In this paper, a method that has been developed for the assessment and quantification of loudness perception in normal-hearing and hearing-impaired persons is described. The method has been named LGOB, which stands for loudness growth in 1/2-octave bands. The method uses 1/2-octave bands of noise, centered at 0.25, 0.5, 1.0, 2.0, and 4.0 kHz, with subjective levels between a subject's threshold of hearing and the "too loud" level. The noise bands are presented to the subject, randomized over frequency and level, and the subject is asked to respond with a loudness rating (one of: VERY SOFT, SOFT, OK, LOUD, VERY LOUD, TOO LOUD). Subject responses (normal and hearing-impaired) are then compared to the average responses of a group of normal-hearing subjects. This procedure allows one to estimate the subject's loudness growth relative to normals, as a function of frequency and level. The results may be displayed either as isoloudness contours or as recruitment curves. In its present form, the measurements take less than 30 min. The signal presentation and analysis is done using a PC and a PC plug-in board having a digital to analog converter.
INTRODUCTION
This paper describes a procedure we have been using for assessing loudness growth in normal and hearing-impaired subjects. We have named the method LGOB, which stands for Loudness Growth in 1/2-Octave Bands.
LGOB is a method for quickly and accurately assessing loudness over frequency and level. This is useful for the evaluation of hearing impairment and was developed to fit multiband compression and automatic signal processing (ASP) hearing aids. The procedure has been designed to measure loudness growth in normal and hearing-impaired subjects, to be easy for elderly subjects, and to run in a reasonable amount of time.
The measurement method is based on absolute-loudness judgments of presentations of 1/2-octave bands of periodic noise centered at 0.25, 0.5, 1.0, 2.0, and 4.0 kHz that have been randomized over level and frequency. Each of 15 equispaced levels in each band was presented three times per band during the course of the experiment.
We have experienced no difficulty with subjects being able to perform the task, and the test-retest data for both normal and hearing-impaired subjects have shown a reasonable degree of consistency.
LGOB is an extension of procedures developed by Gar- time. And finally, we have extended the dynamic range of the measurement system and simultaneously increased the measurement speed by using computer generated signals with 16-bit digital converters and programmable attenuators. The increased dynamic range was necessary to measure over the entire dynamic range of heating for normals.
We believe that the method. will be useful in a clinical environment for fitting hearing aids and, perhaps, might be applied to the diagnosis of hearing problems that previously have been difficult to categorize or measure.
I. METHODS

A. Procedure
Each subject to be tested was seated in a sound-proof booth and given a set of instructions that indicated that they would be hearing different test signals, and that they should rate the loudness of these signals using one of the six responses: TOO LOUDre6, VERY LOUDw5, LOUD•4, OKw3, SOFT•2, VERY SOFT•I. Besides these categories, the tester also entered NO RESPONSEs0, if the subject failed to respond to the stimulus presentation. The numerical value shown after each rating is strictly for accounting purposes, and was not known to the subject. The instructions defined the meaning of the categories for the subjects. A copy of the instructions has been included as Appendix A. The subject was asked if he or she was ready, and then the test began.
False alarms were not a problem, since there were no trials in which a stimulus was not presented. Signaling the subjects upon a stimulus presentation was unnecessary because of the 5-to 8-s pace between presentations. The subjects quickly learned that they would receive the next stimulus immediately after they had responded to the previous one. If the subjects responded with a TOO LOUD response, they were given a few extra seconds to recover. The subjects were given a box with a safety button they could push if they felt that they needed to stop the stimulus for any reason. The safety button was incorporated to make the subjects feel in control and at ease. Subjects pushed the button only infrequently.
After each signal presentation, the subject responded with one of the descriptive words, and the tester entered the response on the PC keyboard, using a one-letter abbreviation. During the testing phase, if the subject changed his or ß her mind, the tester had the ability to enter the correction. Such errors occurred about once or twice per subject run (e.g., one time per 15-30 min).
The procedure has two phases, a "limits and practice" phase, and a "data collection" phase. During the first phase, the subject estimated the upper and lower bounds of the sound pressure used for testing, and simultaneously obtained practice on the task. For the results reported here, the first phase began with monotonically descending presentations, starting at 60 dB SPL, with 5-dB decrements. These continued until the subject gave NO RESPONSE, followed by ascending presentations with 5-dB increments, starting from 65 dB SPL, and terminating on the first TOO LOUD.
The second phase is data collection with presentations randomized over the five bands and 15 levels, as described below.
In a subsequent application of this method, we made several modifications which will be described in Sec. III of this paper. These changes sped up the program and allowed the upper and lower bounds to be dynamic.
B. Stimuli
The five 1/2-octave bands of periodic noise were genera- In each frequency band, 15 different levels were used, equispaced on a dB scale, with each amplitude-frequency condition presented three times. Thus the total number of randomized trials was 225 = 15 (levels) X 5 (frequency bands) X 3 (presentations). If the subjects took 8 s per response, then the procedure would take 34 min, which was greater than the typical measurement time. Because of transducer power limitations, we frequently could not reach the TOO LOUD level in some bands. This was especially true for the hearing-impaired subjects. It was also true for the normals in the 250-Hz band.
C. Equipment
The LGOB procedure was programmed in Lahey rOI•-TRAN (Lahey Computer Systems, Inc., P.O. Box 6091, Incline Village, NV) on an AT&T PC-6300 (an IBM XT compatible). The signals were presented through a signal processing board that plugs into the PC-XT bus and has a 16-bit digital to analog converter (Ariel DSP-16, Ariel Corp., 433 River Road, Highland Park, NJ 08904). The levels of the presented stimuli were varied using a combination of a programmable attenuator (Wavetek 617) that had an 80-dB range in 1-dB steps (the attenuator was connected to the PC via a National GPIB interface) and scaling via integer arithmetic on the signal processing board. The total dynamic range of the system was about 120 dB. However, this large dynamic range was seldom needed for these experiments. The minimum usable signal level was limited by a 
E. Subjects
Two sets of subjects were run, a normal group of 15 ears, one per subject, and a hearing-impaired group of 16 ears, from 12 subjects. The normal group was selected from young adults, with no history of hearing loss, and having a normal audiogram. Only one ear was used in these subjects in order to gain the maximum amount of information about intersubject variability with the minimum amount of testing. Puretone thresholds were taken for each of the normal subjects, and then the subjects were run on the LGOB test. All testing was done in a sound booth. The subjects' responses were monitored using an intercom. Eleven of the subjects had similar loudness-response relationships, and the results from these 11 subjects were averaged to get the "average-normal" curves used in the remainder of this paper.
Two ears were used for those hearing-impaired subjects that wore binaural hearing aids. If a subject wore one hearing aid, only the aided ear was used. For the hearing-impaired ears, we ran pure-tone thresholds, bone-conduction thresholds, and word lists at three sound-pressure levels. The only selection that was done on the hearing-impaired group was an attempt to ensure that they had a cochlear loss rather than middle ear or retrocochlear loss, based on their audiological history and air-bone gap.
II. RESULTS
In Fig Many subjects suggested that the number of categories was insufficient, and they frequently volunteered responses that were between categories. In these cases, we forced the subject to respond in one of the seven categories. The effect of this quantization to the nearest response category is easily seen in the loudness growth plots of this figure. Because the quantization was so strong, we found that we could model it.
This model allowed us to estimate the transition levels between the response category boundaries. We also estimated the average-response levels. The two estimates, when used together, gave us different information about the underlying subject response. The transition-level estimate was somewhat less robust than the average-level estimate (e.g., a c of 3.9 dB for the average levels and 4.9 dB for the transition levels, as described in Fig. 3) . The average levels, on the other hand, are meaningless at the end points (TOO LOUD and NO RESPONSE).
The two panels show the different methods used for fitting the data points. In modeling ordinal data, one must take special care. It is incorrect to average OK responses with LOUD responses, because they represent different things to the subject. We have approached this problem in two ways. First, we have formed averages over each response category. The second approach was to assume an underlying continuous curve, and use an assumption of forced quantization. We call this model the nearest integer (NINT) model.
In the upper panel, we have drawn a quantized curve through the data points. Consider the following model: Assume that a continuous underlying monotonic response curve exists which is R (p), where p is the sound pressure.
We choose R so that the residual error between the measured The specification ofR ( p ) is not complete until its parametrization is specified. We parametrized R as straight lines between coordinates ( p t,Rt ), where p I is the l th abscissa coordinate, and R l = R ( p i ). In general, one may vary p • as well as R l in forming the minimization. However, in the procedure that has been used in this paper, the underlying curve R ( p ) has been further constrained to have transitions that are always halfway between two sound-pressure measurement levels. This has probably resulted in slightly inferior estimates of R relative to what might be obtained by the more general procedure. These joined line segments are shown as a dashed line in the upper panel of Fig. 1 and form one estimate of the loudness response curve in terms of its transition levels between category boundaries.
The solid line in the lower panel connects the averages (in dB) of all the sound-pressure levels corresponding to a given loudness category. This curve forms our second estimate of the loudness level curve, which we call the average levels. Knowing the transition levels as well as the average levels estimates R ( p ) for two different sets of p.
In Fig. 2 In Fig. 3 , we show a similar set of curves but for averages over the database of 11 normal-hearing subjects. The two methods used for smoothing the data almost superimpose in this case. Four subjects out of the 15 original normal subjects were excluded from the average-normal database. Two of these subjects had loudness curves that were above the average-normals, and two were below. The standard deviation (s.d.) over the population of 11 subjects is 3.9 dB (computed in dB units), and the s.d. for the original 15 normal-hearing subjects is 7.8 dB, averaged over bands, levels, and subjects. No intrasubject errors are presented here, other than the test-retest data discussed in Fig. 6 .
At the bottom right panel of Fig. 3 , we have indicated average-normal pure-tone thresholds with the O's. Figure 4 is this same panel expanded to show more detail. The difference between the thresholds for pure tones and for 1/2-octave bands of noise is believed to be due to the difference in transducers and corresponding couplers used to calibrate the transducers.
To further explore the difference between these two threshold measures, we measured one subject's (JBA) thresholds to a 1/2-octave band of noise and a pure tone at 4 kHz using a single transducer, and without moving the transducer between measurements. In this case, we found the thresholds to be the same. We interpret this experiment as indicating that the difference we observe at high frequencies is due to the two different transducers and their calibrations using the two different couplers. When comparing the normal subject's data from Fig. 3 to the hearing-impaired subject's data within each frequency band, we find that each hearing-impaired subject shows elevated thresholds, while in some frequency bands, the subject has near normal TOO LOUD levels. This difference is the result of a reduced dynamic range, or equivalently, recruitment. Recruitment is frequently described as an increase in the slope of the loudness-growth curves. The recruitment for subject 105 (Fig. 2) pressure levels and for the higher bands, as may be seen in Fig. 5 . In Fig. 5 , subject 105's sound-pressure level for a given category is used as the abscissa, while the average-normal subject's sound-pressure level for the same category is used on the ordinate, on a band-by-band basis. Plotted in this way, the data show the classical recruitment of a person having a unilateral hearing loss, when plotting the sound-pressure level in the bad ear against that in the good ear for an equal loudness response. A conductive loss would be represented by a parallel shift, while a cochlear loss is seen as a change in dynamic range (a nonparallel curve). In this plot, as before, the A's represents the sound pressure corresponding to the average OK level, while the D's have been placed on the boundaries of OK.
In Fig. 6 , we show test-retest reliability for a normal subject (JBA, subject 131 ) made on different days. It is likely that the 5-to 7-dB differences observed are caused by slight changes in the ear canal pressure due to the transducer coupling (e.g., the depth of the transducer placement in the ear canal), rather than being due to subjective measurement variations, or other variations over time, because the largest differences are only in the lower bands, and are largely independent of level, from 20 to 90 dB SPL. Ear canal probetube measurements are needed to quantify this type of variation further. We have found our results to be reproducible over days and weeks. In a separate experiment, we measured loudness of three frequency bands replicated four times with each of six normal-hearing subjects. A statistical analysis of these data gave a within subject s.d. of 2.9 dB. This estimate of the s.d. was averaged over subjects, bands, and level. The NO REPONSE and TOO LOUD categories were not included in this analysis.
In Fig. 7 , we compare adjectival loudness to loudness in sones for each band for the normal data of Fig. 3 . Starting from Stevens' data for 1/2-octave bands in a diffuse sound field (Stevens, 1956, p. 838, Fig. 22 ), we applied two correction factors, one for diffuse to free-field, and one for free-field to eardrum. The total correction was (0.75, 0.10, --0.33,  13.3, 15.15 )dB at (0.25, 0.5, 1.0, 2.0, 4.0) kHz. This correction represents the effects of head diffraction and ear canal resonance. We plot here the loudness rating of Fig. 3 as 
III. DISCUSSION
The LGOB procedure described here has allowed us to measure absolute loudness, loudness growth and recruitment as a function of frequency, and isoresponse contours for both normal-hearing and heating-impaired subjects, in under 30 min. The data of Fig. 7 indicate that for normalhearing subjects, this procedure appears to be functionally equivalent to time-consuming sone measurements. While 30 min is long for a clinical procedure, given the amount of information obtained from the test, the procedure could be useful in the clinic for fitting nonlinear hearing aids, such as multiband compression hearing aids, which attempt to compensate for recruitment.
Weaknesses in the procedure were discovered, as is discussed in Sec. IV, but, overall, the strategy worked well. Our original application of fitting compression hearing aids, which required knowledge of the loudness growth curves for the subjects as a function of frequency, was easily met using LGOB. The use of a seven-category scale .was good, although we felt that perhaps one more category would be an improvement (see below). The OK rating could have been misinterpreted by our subjects. However, we believe that the subjects understood the simple concept behind the rating scale, and were not confused because of the subject instructions (Appendix A), which limited any potential misunderstanding. The subjects understood that OK is an easily spoken alternative to COMFORTABLE. The subjects did not question its usage.
This suprathreshold measurement of hearing loss evaluation could turn out to be useful for: ( 1 ) fitting hearing aids, because many new hearing-aid fitting procedures now frequently require such information, usually in the form of the most comfortable level (MCL) and loudness discomfort level (LDL); (2) quantifying hearing loss, since this measurement allows the simple diagnosis of both cochlear loss, in the form of recruitment curves, and may allow for diagnosis of conductive loss; and in (3) collecting large amounts of loudness data to test various loudness models against experiment. For example, the loudness of simultaneous bands of noise could be estimated for loudness summation experiments. It would also be interesting to rerun these tests at various bandwidths.
We have not been able to determine if retrocochlear loss may be diagnosed by LGOB since we did not have a retrocochlear subject base. However, we have seen one anomaly that has not been easy to explain. With two "normal" subjects (based on pure-tone thresholds) we saw normal thresholds levels with abnormal LOUD and TOO LOUD levels.
That is, these subjects showed a form of "recruitment," but had normal thresholds. No explanation for these unusual responses has yet been found.
Many new hearing-aid fitting procedures require an estimate of the subject's MCL or LDL. Procedures that attempt to measure these points in isolation are subject to a large variance across subjects, probably due to the difficulty in defining these levels. Dirks and Kamm (1982) and Kamm et al. (1978) investigated the measurement of the LDL and MCL in isolation using adaptive methods and showed significant dependence on the exact instructions used in specifying those levels. It has also been observed that when the MCL or LDL is measured by a sequential method (e.g., monotonically increasing or decreasing levels), large subject-dependent biases are frequently present, again leading to a measurement method with a large degree of uncertainty (Neuman and Levitt, personal communcation). We believe that we have minimized these problems using the LGOB procedure. First, by randomizing the presentations over the entire hearing range we seem to be able avoid both the definitionalproblems, probably because the end points (e.g., threshold and TOO LOUD) are more firmly anchored, and the sequential bias, because the presentations are random. The fact that most of our normal subjects ( 11 our of 15) give similar results is consistent with the possibility that the loudness scale (VERY SOFT, SOFT, OK, LOUD, VERY LOUD, and TOO LOUD) may be interpreted on an absolute scale. Namely, unlike the Dirks and Kamm experiment, the subjects are less sensitive to the instructions because of their strong previous experience with the descriptive categories. This prevous experience might be functional only in the context of randomized presentations that span the entire dynamic range of their hearing. Second, we feel that it is important to not require the subject to project into the future as some instructions have attempted to do. For example, an instruction of the sort: Turn down the level when you feel that you could not listen at this level for more than five minutes, means different things to different subjects.
In our definition of LGOB, we chose 1/2-octave bands for the test stimulus because we wished to average over subject and transducer variations. At frequencies near the frequencies of cochlear emission, 10-dB threshold variations have been seen, both with normal and heating-impaired ears. In principle, transducer variations could be calibrated out, but impedance variations between the coupler and the subject's ear will affect the results. Our choice of 1/2-octave bands was a compromise between covering most of the frequency spectrum (e.g., 50% ) and having sufficient frequency resolution with a small number of test noise bands. Finally, we also felt that periodic noise was perceptibly closer to speech than were tones, and we were interested in estimates of loudness growth of speech for fitting compression heating aids. (Speech does not work at all in a test of this type because a 500-ms segment of speech has large loudness variability. )
IV. IMPROVEMENTS
We have been looking for ways to further improve the procedure. In a recent version, we tried several modifications. These modifications seemed to be significant improvements in terms of speed, accuracy and convenience. First, in the training phase of the program, we used random presentations over level and frequency, rather than monotonic changes. This has the advantage that the subject practices on a procedure that, from the subject's point of view, seems identical to the testing phase. In fact, it differs in that we used only five levels spread over the range of testing levels during the practice phase, versus 15 levels during the testing phase. We believe that the subjects find this training less confusing because of its similarity to the testing phase.
At the same time, we introduced a dynamic boundary algorithm that allowed us to estimate the upper and lower boundaries continuously, more accurately, and faster. For example, during the training phase, we monitor the subject's response to the highest presentation level in each band. If the response is OK, we increase the maximum level by 12 dB. If the response is LOUD, we increase the level by 6 dB. If the response is VERY LOUD, we increase the maximum by 2 dB. If the level is TOO LOUD, we decrease the maximum by 3 dB. When we start the testing phase, we use a maximum presentation level that gave the TOO LOUD level during the training phase.
After the final limits have been found in the practice phase using five levels per band, 15 levels are established between these limits per band ( uniformly on a log scale), for the testing phase. This adaptive strategy in the testing phase reduces the number of TOO LOUD and NO RESPONSE responses that we elicit from the subject. We found that we frequently gave only two TOO LOUD presentations (once during the training phase, and once during the testing phase) in each band using this procedure. Since the procedure is dynamic, the subjects are somewhat protected from receiving too many TOO LOUD presentations. Table I shows the maximum and minimum limit increments, in dB, that were used for the adaptive control as a function of the subject's response. Other changes that we feel would be an improvement, but which we have not tried, are to add a VERY VERY SOFT level, to provide user feedback via a subject response light that would tell the subject that a stimulus has been delivered, and to include a set of subject buttons that, when hit, would display the selected response on the tester's console. If the subject were capable of running the test alone, then the subject's button could be set to control the responses directly without the tester's intervention. Finally, it might be reasonable to increase the density of pressure levels in the LOUD to TOO-LOUD range due to the increased rate of growth. Alternatively, it might be possible to bias the subject's responses using different instructions about the VERY-LOUD range using different wording, to decrease the large slope in that region.
